In recent years, the development of communication system allows people to easily record and distribute their speech. However, in the speech recording, clipping noise degrades sound quality when the level of input signal is excessive for the maximum range of amplifier. In this case, it is necessary to suppress clipping noise in the observed speech for improving its sound quality. Although a linear prediction method has been conventionally proposed for suppressing clipping noise, it has a problem with degradation of the restoration performance by cumulating error when the speech includes a large amount of clipping noise. This paper describes a method for suppression of clipping noise in observed speech based on spectral compensation. In this method, the power spectral envelope of speech on each frame in the lower frequency band is noise suppressed to by using GMM (Gaussian Mixture Models), and the one in the higher frequency band is restored by referring to the clean speech. We carried out evaluation experiments with a speech quality, and confirmed the effectiveness of the proposed method towards the speech which includes a large amount of clipping noise.
INTRODUCTION
In recent years, high-quality speech recording is requested for comfortably using a communication system. For higher signal-to-noise-ratio (SNR) speech recording under the real noisy environment, it is necessary to suppress the noise from the target speech. Thus, several techniques such as microphone-array [1] and spectral subtraction (SS) [2] have been conventionally proposed. Besides, for accurately recording of the original speech in wide-dynamicrange, a microphone amplifier is required to properly set the gain level. However, there is a possibility that the speech is clipped when the recording gain is unnecessarily higher level compared with the target speech.
Clipping noise causes when the amplitude of input speech exceeds the maximum allowance range (MAR) of the amplifier, and it gives listener an unpleasant feeling. When a recorded speech signal is clipped, it is required to rerecord the speech under proper gain control not to clip an input signal. However, in case it is difficult to re-record the speech such as the speech proceedings and speech delivery in real-time, it is necessary to develop a method for clipping noise suppression. This paper describes a method for suppressing clipping noise in observed speech based on spectral compensation. In this paper, the evaluation experiments were carried out with a sound quality of speech processed by the proposed method.
FORMULATION OF CLIPPED SPEECH SIGNAL
This section describes the effect of a clipping noise in a speech. Figure 1 shows an example of the clipped speech. Clipped speech loses the amplitude information of peaks (the top or bottom of waveform) which exceed the MAR. This process is expressed as follows: Conventionally, clipping ratio (CR) [3] has been proposed as the evaluation index for the amount of a clipping noise. The CR of the clipped speech in each frame is expressed as follows: 
CONVENTIONAL METHOD (LINEAR PREDICTION METHOD)
This section describes the conventional method for suppressing clipping noise in speech. Conventionally, linear prediction method [4] has been proposed. This method bases on linear prediction model as follows:
where ) (n s is the input speech, ) (n H is the prediction error between the true value and the predicted value of the speech, and it is a random signal whose expectation value )] ( [ n E H is 0. Equation (3) is the minimum. The linear prediction method predicts the clipped amplitude on the basis of the prediction coefficients which are calculated by using the unclipped speech section. When the clipped amplitude continues two or more samples, this method predicts the posterior amplitude by using the prior predicted amplitude. Therefore, the restoration performance is degraded because the prediction error cumulatively increases.
PROPOSED METHOD
This section describes a method for suppression of clipping noise in observed speech based on spectral compensation. Some characteristics of spectral envelope in the clipped speech have been clarified [5] . In spectral envelope of the clipped speech in the lower frequency band (LFB), the peaks in original speech remain, but some peaks newly arise as clipping noise. In the higher frequency band (HFB), the power of clipping noise rises, and its spectral envelope becomes a flat shape. With considering this difference of characteristics between spectra in the LFB and HFB, the proposed method aims to suppress clipping noise by transforming spectral envelope of the clipped speech on each frequency individually. Figure 2 shows the flowchart of the proposed method.
Estimation of the clipping ratio
Initially in the item "CR estimation" shown in Fig. 2 , the CR is estimated for compensation processing the LFB and HFB. The preliminary experiments have confirmed higher correlation between the CR and the logarithmic clipping incidence (LCI). The LCI logarithmically shows the incidence of clipped samples in speech as follows: 
Peaks suppression of the spectral envelope in the lower frequency band
In the item "Peaks suppression based on GMM" shown in Fig. 2 , the peaks of the spectral envelope in the LFB are controlled with approximation based on Gaussian mixture models (GMM) [6] which are expressed as follows:
), ( ) , ( ) ( V are respectively the weight, mean, and variance of each Gaussian function. When the spectral envelope in the LFB is approximated with GMM, the peaks of first and second formants which respectively have large powers are expressed as two Gaussian functions with the higher two weights. Accordingly in the proposed method, the spectral envelope of the clipped speech is multiplied by the peaks suppression function based on the Gaussian functions with the lower 2 M weights as follows:
where ) ( f W is peaks suppression function, and E is also the suppression coefficient based on the estimated CR.
The peaks caused in the LFB by clipping noise are suppressed with multiplying the spectral envelope by the peak suppression function.
Spectral compensation with the clean speech in the higher frequency band
In the item "Compensation with clean envelope" shown in Fig. 2 , the spectral envelope in the HFB is compensated with that of the clean speech prepared in advance as follows: 
is the spectral envelope of the clipped speech, and J is also the compensation coefficient based on the estimated CR. Then the higher the CR is, the smaller the compensation amount is. Also, the clean spectral envelope is prepared in each phoneme of the target speaker because the characteristics of spectral envelope in the HFB vary with each speaker and each phoneme. 
EVALUATION EXPERIMENTS
The evaluation experiments were carried out to confirm the effectiveness of the proposed method. In these experiments, the sound quality of speech processed by proposed method was evaluated. Table 1 shows the experimental conditions.
As the objective index for evaluating sound quality, the logarithmic spectral distance (LSD) [7] was used and it is expressed as follows: 
is the spectrum of degraded speech, and k is also the frequency bin index. The higher the LSD is, the higher the sound quality is. As the subjective index for evaluating sound quality, the mean opinion score (MOS) [8] with four subjects was used. The subjects evaluated how the speech was degraded with five grades. The value of each grade was 5: imperceptible, 4: perceptible but not annoying, 3: slightly annoying, 2: annoying, 1: very annoying.
The experimental results are shown in Fig. 3 . Figure 3 shows the results of the LSD and MOS. From Fig. 3 , it is realized that the LSD and MOS of the proposed method are showing the higher scores than those of the conventional method. As the results, the effectiveness of the proposed method is confirmed and this method is more effective to the speech in the lower CR.
CONCLUSIONS
This paper described the method for clipping noise suppression based on spectral compensation. The experimental results clarified the effectiveness of the proposed method especially in the speech with higher CR. In
